A signal-processing algorithm that modifies the interaural time delays associated with directional sources is described. Signals received at two microphones are processed by four linear filters arranged in a lattice configuration to produce two outputs, one for each ear. Since the processing is linear, the method is equally applicable to single or multiple directional sources. The filters are designed to minimize the average squared error between a user specified desired space warping function and the actual warping function that they implement. Two classes of filters are considered: filters whose frequency response is unconstrained and filters constrained to be causal with finite impulse response. In both cases the solution to the leastsquares problem is given and properties of the actual space warping function are examined. Perceptual experiments and analysis of acoustic waveforms are utilized to demonstrate the effectiveness of the algorithm. Extension of this method for utilizing more than two microphones is described.
INTRODUCTION
An individual's ability to organize auditory space is greatly enhanced by having two channels of acoustic input. Central processing for localization depends upon neural interaction between these channels in the auditory brain stem. Most theories of binaural processing originate from the neural network model of Jeffress (1948, 1972) . In general, a bank of peripheral auditory bandpass filters partitions the incoming acoustic signal into channels of nerve fiber activity. Each channel is cross correlated with the contralateral channel having the same corresponding center frequency. Central processes subsequently map the degree of interaural coincidence to the perception of the sound source location in the lateral plane. It has been suggested that the consistency of coincidence patterns across different frequencies is also important in attributing the patterns to a unique, realizable sound source (Stern et al., 1988) . This paper describes the development of a binaural signal-processing algorithm designed to effectively "expand" the lateral plane represented by the neural interaction. Signals received at a pair of microphones are processed with the goal of changing the apparent spatial separation between signals arriving from different directions. The processed signals are presented via right and left channels to the listener. This work was motivated by the desire to assist the listener in environments where they have greatest difficulty in understanding speech. These environments are often characterized by multiple competing speakers. In contrast to many noise reduction approaches, this signal-processing algorithm does not attempt to improve the acoustic signal to noise ratio by removing interfering sources, but instead effectively moves them to a more peripheral region of auditory space. The listener is provided with an auditory space that may afford improved spatial segregation analogous to the phenomenon of auditory stream segregation (Bregman and Campbell, 1971; Bregman, 1990) . The organization of the auditory space is performed by the listener; the algorithm only changes the auditory cues that describe source location. Several multimicrophone signal-processing schemes have been proposed over the years for modifying the listner's perception of the auditory space. Mitchell et al. ( 1971 ) suggested a nonlinear signal-processing circuit that preserved the on-center speech while distorting off-center speech, thus rendering the on-center speech relatively more intelligible. While their technique exploits a multimicrophone input, the signal delivered to the listener is monaural. Durlach and Pang's (1986) philosophy is more closely aligned with our strategy. They propose a method for magnifying interaural differences by transforming the complex spectra (magnitude and phase) at each ear. The spectra are raised to powers in an attempt to increase the relative phase between the two ears. Although this operation effectively moves a single offcenter source, it breaks down with multiple off-center sources. Increasing the relative phase between the signals received at the two ears does not guarantee that any of the sources will move further off-center when multiple sources are present.
The technique proposed here uses linear transformations of the signals at each ear to accomplish source movement. Given a desired space expansion function, a leastsquares procedure is employed to design filters that minimize the squared error between the actual and desired expansion functions. Note that, since the processing is linear, the superp•ition principle dictates that the output for multiple sources is the sum of the outputs due to each source alone. Thus this approach is equally effective with single or multiple sources. We derive the minimum mean-squarederror solution for unconstrained filters and for filters constrained to be finite impulse response (FIR). Perceptual studies and analysis of the binaural acoustic waveforms are utilized to demonstrate the effectiveness of this technique at moving the perceived location of sources. We only consider modification of interaural time delay; however, this approach is easily extended (in theory) to also include interaural amplitude differences. It is also straightforward to extend this technique to design filters when more than two microphones are available.
The paper is organized as follows. Section I formulates the least-squares filter design problem and discusses its solution in the frequency domain, corresponding to unconstrained filter design. This provides an upper bound on the mean-squared error performance of this method. The filters are constrained to be FIR and an algorithm is given for their design in Sec. II. Sections I and II discuss properties of the approximation error for the maconstrained and FIR cases and present an example. Perceptual experiments employed to measure the effectiveness of the algorithm on speech are described in Sec. III. Acoustic analyses of the experimental stimuli are presented in Sec. IV to support the results of the perceptual experiments. Conclusions are given in Sec. V.
I. LEAST-SQUARES FREQUENCY-DOMAIN INTERAURAL MAGNIFICATION
In the present work, we consider only manipulation of interaural time delays. It is well known that interaural time delay represents the primary localization clue for sound frequencies below 1 kHz (Kuhn, 1987) . Interaural magnitude differences resulting from head shadowing and filtering by the pinna are the primary localization due for frequencies above I kHz (Kuhn, 1987) . Extension of this method to incorporate interaural magnitude differences is indicated.
Consider the situation depicted in Fig. 1 . The sound source s(t) is located at an angle of 0 relative to the perpendicular between the two sensors. Assuming plane-wave propagation and omnidirectional sensors, the signal received at sensor 1 isx• (t) = s(t + r), while that at sensor 2 is x 2 ( t ) = s (t --r ). Here, r = d sin 0/2c and we have refer- Each source is processed as if it were the only source present; i.e., interaural magnification is applied independently to each source. This is a significant advantage over the nonlinear processing scheme proposed by Durlach and Pang (1986) . Furthermore, the characteristics of the processing are independent of the source spectral content.
In general, we do not expect to find filters that implement the mapping ( 1 ) exactly over arbitrary ranges of o, r, with arbitraryf (r). Thus we consider choosing Hi, G•, H2, and G2 such that r(to,r)md[to, f(r)]. This problem is solved here using a minimum mean-squared error criterion. Let ra <r<rb represent the sector of directions to be expanded. We seek filters that solve min f•" ]ei(to,r)12dr, i= 1,2.
Note that a non-negative weighting function can be inserted into the integrand to emphasize some frequencies and/or directions over others. Equation ( where now the matrix R(co) and the vectors pt(co), i = 1,2 are given by R(co) = d4 (co,r)d4n(co,•')dr, 
Here, Fig. 8(a) and (b) aa a function of frequency for several values of r. The deviation from ideal is considerably smaller at larger r than that of the previous example, especially for frequencies below 900 Hz. This is a result in part of performing the expansion over one-half the angular region used in the previous example. In general, deviation between actual and desired response in both the unconstrained and FIR designs is dependent onf(r) and the region that is to be expanded. Determining functionsf (r) that are easy and difficult to approximate is of interest; however, it is unlikely that any such determination can be done analytically due to the manner in whichf(•-) enters into the expression for the error.
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The FIR filter solutions for more than two microphones are obtained using the same approach as that given in See. I.
III. PERCEPTUAL EVALUATION OF AUDITORY EXPANSION ON SPEECH
This section describes a preliminary perceptual experiment used to evaluate the effect of the space expansion algorithm. Listeners were asked to perform a lateralization task with and without the auditory expansion algorithm in effect. Below is an explanation of the experimental setup, followed by presentation of results.
A. Stimuli
The stimuli were constructed by mixing digitized natural speech recorded from a male and female speaker with 16-bit resolution at a 20-kHz sampling rate. Each speaker produeed /pa/ in an IAC sound-attenuated chamber with microphone. The tokens were equalized in loudness by normalizing the rms to 64 dB re: I least significant bit. The male speaker served as the reference sound source "located" at center with an interaural delay of 0 ps. Manipulation of the interaural delays shifted the female toward the observer's right periphery in steps of 50-ps delays for the first five steps and lOOps for the remaining five steps to a maximum delay of 750 ps. The stimuli were constructed off-line and loaded into a 512 KB RAM buffer on a Ariel DSP-16 signal-proeessing board for delivery to the subject. The DSP-16 was under the control of an 80386-based computer that coordinated stimulus output and response collection. The tokens were low-pass filtered using a cutoff frequency of 1 kHz (98 dB/oct rolloff) in order to evaluate the processing of only interaural time cues. Despite this rather severe filtering, the tokens were still perceived as the utterance/pal B. Subjects Five female and seven male normal-hearing volunteers served as subjects. None of the listeners had prior experience performing psychoacoustic localization tasks. Prior to presentation of the experiment, subjects were allowed to practice the task for five trials.
C. Procedure
As noted above, subjects were asked to listen to monosyllable speech presented at a comfortable listening level over Beyer DT 100 headphones. The stimuli were constructed to simulate a male and female speaking the utterance/pa/ simultaneously from various locations in the horizontal plane. The subjects were instructed to manipulate the position of the female until the two speakers appeared to separate spatially. This was accomplished by depressing one of two buttons on a response device (PC mouse) that "moved" the female in the horizontal plane. The subjects were instructed to "vote" when they had manipulated the speakers' relative position such that their auditory spatial location in the horizontal plane appeared to be just noticeably separate. This method of adjustment criterion served to evaluate the degree to which the space expansion algorithm afforded better discrimination of two sound sources overlapping in frequency and phonetic content. The filters were designed to effect a factor of 2 expansion [f(r) = 2r, lr1<125 psi. The signalprocessing algorithm, based on the binaural filter network (Fig. 2) , was programmed in M56001 assembly code for execution on a Spectrum M56001-based signal-processing board. The subjects received two signal processing conditions, either the algorithm present or not. Each condition was replicated eight times for a total of 16 trials.
D. Results
Mean minimal time delay separations for the 12 subjects are shown in Fig. 9 for phase expanded and unprocessed conditions, as labeled on the abscissa. There was a factor of 2 reduction in the minimal delay required for spatial separation. This indicates that the algorithm is effective at moving 400. the perceived location of female speaker by doubling the interaural delay. This conclusion is supported by the analysis of the speech waveforms given in the following section. Fig. 6(b) indicates the actual phase response deviates from the ideal at high frequencies for interaural time delays greater than 200 /as (r> 100/as). This effect is evident in Fig. 10(d) ; the expanded delay for the female speaker (interaural delay 250 /as) gradually decreases from 500/as at low frequencies to 400/as at high frequencies.
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IV. ACOUSTIC ANALYSIS OF AUDITORY EXPANSION
The acoustic analyses in this section indicate that, regardless of the locations of multiple sound sources relative to center, interaural delay expands in a manner consistent with the actual response of the expansion algorithm. They also suggest that an observer could separate the harmonic structure of each speaker with greater probability as a result of the expanded phase or delay.
V. CONCLUSIONS
This research has focused specifically on manipulation of interaural time cues for localization. To this end, we have disregarded interaural magnitude difference cues by manipulating only sound frequencies below I kHz. A practical realization of the algorithm obviously requires the integration of a broader range of frequencies. The effects of including interaural magnitude differences and using a larger number of microphones remain as topics for future investigation. Indeed, additional microphones may be required to obtain the additional degrees of freedom necessary for incorporating interaural magnitude variation.
We have presented in this paper the theory and methodology for manipulating auditory space in the horizontal plane using linear filters. Least-squares solutions for filters that are unconstrained and constrained to be FIR are derived and their properties are examined. We have also demonstrated that the algorithm can be instantiated in existing, off the shelf hardware and is capable of running in real-time.
Experimental results indicate that the algorithm effects the desired expansion of auditory space by reducing the minimal separation needed to discriminate between two speakers. Analysis of the speaker data indicates that the algorithm is reliably expanding the interaural delays associated with off-center speakers.
